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57] ABSTRACT

For equalizing a speech signal constituted by an observed
sequence of successive mput sound frames, which speech
signal 1s liable to be affected by disturbances, the speech
signal 1s modelled by means of a hidden Markov model and,
at each instant t: equalization {ilters are constituted 1n
assoclation with the paths in the Markov sense at instant t;
at least a plurality of the equalization filters are applied to the
frames to obtain, at instant t, a plurality of filtered sound
frame sequences and an utterance probability for each of the
paths respectively associated with the equalization filters
applied; the equalization filter corresponding to the most
probable path 1in the Markov sense 1s selected; and the
filtered frame supplied by the selected equalization filter 1s
selected as the equalized frame.

14 Claims, 2 Drawing Sheets
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DECISION-DIRECTED FRAME-
SYNCHRONOUS ADAPTIVE
EQUALIZATION FILTERING OF A SPEECH
SIGNAL BY IMPLEMENTING A HIDDEN
MARKOYVY MODEL

TECHNICAL FIELD

The present invention relates to a method and to apparatus
for equalization filtering of a speech signal, by implement-
ing a statistical model of the signal.

Below, the term “equalization” 1s used with an extended
meaning as being synchronous to “attenuation of distur-
bances”.

More particularly, the method and the apparatus of the
present invention for filtering apply to a digital speech signal
liable to be subjected to disturbances, and which constitutes
the signal to be processed, or “clean” signal, by implement-
ing a hidden Markov model (HMM) of the clean signal, or
an approximation of the model of the clean signal as
estimated from real data, together with functions for filtering
by equalizing disturbances.

The method and apparatus of the present invention are
applicable to improving methods of automatic speech rec-
ognition (ASR), in particular through the telephone network,
whether the switched telephone network (STN) or the global
system for mobile communications (GSM). Another appli-
cation of the present mnvention lies in removing noise from
speech signals.

BACKGROUND OF THE INVENTION

In ASR systems, when recognition 1s performed locally
for voice control of “hands-free” telephones, computers,
data terminals, or the like, known techniques seek to reduce
disturbances introduced by additive noise. They include, 1n
particular, filtering by spectrum subtraction, antenna
filtering, Markov model state filtering, or in-line addition of
room noise to reference models.

Markov state filtering consists 1in applying a spectrum
subtraction filter (a Wiener filter) knowing the Markov
model of the speech and the most probable state 1n which the
system 1s to be found at an instant t. The clean signal model
1s given by the state of the Markov model, and the noise
model 1s estimated from the silences preceding the word
from which noise i1s to be removed.

For centralized recognition, the purpose of known tech-
niques 1s to reduce the effects of telephone lines by sub-
tracting the DC component from cepstrum vectors as esti-
mated over a sufficiently broad horizon. For a digital
telephone signal subdivided into windows, the notion of
“horizon” designates a given integer number of successive
windows. For a more detailed description of that type of
approach, reference may be made to the article by C.
Mokbel, J. Monné, and D. Jouvet, entitled “On-line adap-
tation of a speech recognizer to variations in telephone line
conditions”, Eurospeech, pp. 1247-1250, Berlin 1993. For a
horizon that 1s broad enough, it 1s observed that the mean of
the cepstrum vectors represents the effects of telephone
lines, with this observation being particularly true when
changes of channel characteristics take place slowly.

In general, a system for removing noise or for equaliza-
fion 1s based on knowing the characteristics of the clean
signal and the characteristics of the noise or the distur-
bances. Unfortunately, the system 1s much more complicated
if the model of the clean system or i1ts parameters are
unknown.
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For example, 1f it 1s assumed that a segment of clean
speech 1s the output from an autoregressive system whose
parameters are unknown, an “estimate-maximize” (EM)
type method can be used for removing noise so as to obtain
an estimate of the parameters of the autoregressive model
and so as to filter out disturbances (see for example the
article by G. Celeux and J. Diebolt, entitled “Une version de
type recuit simulé de I’algorithme EM” | A simulated anneal-

ing type version of the EM algorithm |, Rapports de Recher-
che No. 1123, Programme 5, INRIA, November 1989).

It 1s also possible to use blind equalization which 1s based
on the statistics specific to the digital signal to determine the
criterion for adapting the coeflicients of the equalizer that
performs equalization. In particular, document FR-A-2 722
631 describes an adaptive filter method and system using
blind equalization of a digital telephone signal and the
application thereof to telephone transmission and/or to ASR.
The method described 1n that document 1s based entirely on
oeneral statistics relating to the speech signal and on the
assumption of the telephone channel has a convolutive effect
that 1s almost constant.

Such approaches give satisfactory results if simple
assumptions can be made about the clean signal, 1.e. 1f it can
be assumed to be autoregressive and/or (Gaussian and/or
steady, but that 1s not always possible.

Other recent studies seek to use statistical vocabulary
models 1n order to reduce the disturbances and/or variability
of the speech signal, thereby enabling recognition to be more
robust.

All of the above work suffers from the drawback of being
incapable of providing an in-line application 1n a manner
that 1s synchronous with the sound frame. The methods
proposed wait until the end of the signal that i1s to be
recognized, and then perform iterations for estimating biases
before 1dentifying the signal after noise removal or equal-
1ization. Further, estimators of the bias to be subtracted
depend directly, or indirectly in a “estimate-maximize”
method, on the best path in the Markov model, where a path
or alignment 1n the Markov sense 1s an association between
a run of sound frames and a run of states (or transitions) to
which the probability densities of the model correspond.
This dependency risks biasing the approach if the itial
observation 1s highly disturbed, since such disturbances can
orve rise to false alignments.

The approach proposed by the present invention differs
fundamentally from the approaches described previously, 1t
1s more general, and it remedies the above-mentioned draw-
backs 1n that 1t 1s synchronous with the sound frame.

SUMMARY OF THE INVENTION

To this end, the present invention provides a method of
equalizing a speech signal constituted by an observed
sequence of successive mput sound frames, which speech
signal 1s liable to be affected by disturbances, in which
method the speech signal 1s modelled by means of an HMM,
the method being characterized 1n that, at each instant t:

cqualization filters are constituted 1n association with the
paths 1n the Markov sense at instant t, on the basis of
a plurality of earlier sound frames and on the basis of
a plurality of parameters of the Markov model;

at least a plurality of said equalization filters are applied
to obtain, at mstant t, a plurality of filtered sound frame
sequences and an utterance probability for each of the
paths respectively associated with the equalization fil-
ters applied;

the equalization filter corresponding to the path that 1s the
most probable in the Markov sense 1s selected or
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“retained” 1.e. the path having the highest utterance
probability for the sequence of sound frames filtered by
the corresponding applied equalization filter; and

the filtered frame supplied by the retained equalization

filter 1s retained as the equalized frame.

The present invention also provides equalization appara-
tus implementing the above method, characterized in that 1t
comprises an equalization filter module receiving at 1ts input
the speech signal affected by disturbances and delivering at
its output a speech signal with reduced disturbances.

Other characteristics and advantages of the present inven-
tion appear on reading the following description and observ-
ing the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a schematic view of the module for computing,
the cepstrum of the speech signal 1n a particular
embodiment, which module 1s 1mncluded 1n the equalization
filter module of the apparatus of the present invention.

FIG. 2 1s a flow chart 1llustrating the successive steps of
the method according to the invention.

DETAILED DESCRIPTION

In the description below, consideration i1s given to a
speech signal constituted by an observed sequence x4, . . .,
X, - - - » Xgp Of successive sound frames, reterred to as input
sound frames. The index 1 1 X, represents a predetermined
initial observation instant; the index t of X, represents the
current instant, and the mdex T, of x;,, represents the final
instant of the observed sequence. This speech signal 1s liable
to be alffected by disturbances.

It 1s assumed that the speech signal 1s generated by one or
more mixtures whose parameters are known or can be
estimated on a training sample. Thus, the signal can be seen
as implementing an HMM, written A. At a given instant, the
observation 1s generated by one of the components of the
mixture(s) associated with a Markov automaton. However,
observing the signal does not make it possible to know what
this component 1s, nor the corresponding mixture. The
observations are said to be incomplete. All that 1s known are
the parameters of the mixture(s), the parameters of the
Markov automaton, and the nature of the disturbances
affecting the observed signal.

HMMs are well known to the person skilled 1n the art, in
particular in ASR. Reference on this topic can be made to the
work by L. Rabiner and B. H. Juang, entitled “Fundamentals
of speech recognition”, Prentice Hall Signal Processing
Series, A. V. Oppenheim Series editor, 1993, or to D.
Jouvet’s PhD thesis “Reconnaissance de mots connectés
indépendamment du locuteur par des méthodes statistiques™
| Speaker-independent recognition of connected words by

statistical methods|, E. N. S. T., 1988.

It 1s recalled that an HMM 1s constituted by a Markov
automaton defined by a certain number of parameters: its
states or transitions q;. . . , q,, (where N is the number of
states of the model), the transitions between these states, and
the utterance densities of an observation vector being in a

given state (or for a given transition). Thus, three sets of
parameters describe the HMM A

the set of probabilities that a state g, will be occupied at
the initial instant t_, written mt(q;);

the set of probabilities of transition from a state g, to a
state q;, written a_; . and assumed to be independent of
time; and

the set of utterance probabilities for an observation vector
X being in a given state q;, written b_,(x); these prob-
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4

abilities are assumed below to obey a Gaussian prob-
ability relationship, having a mean vector m_; and a
covariance matrix R_.

In this case, utterance probabilities are associated with the
states of the Markov automaton. However, they could
equally well be associated with the transitions: this does not
change the essential characteristics of the mvention 1n any
way.

The following notation is used A=(m,a,b).

In this model and as recalled above, a path of length t 1n
the Markov sense 1s an association between a run of t frames
and a run of t states to which probability densities of the
model correspond. To simplify, 1t 1s assumed that a path 1s
a run s of t states or transitions q,, . . . , (,. The following
notation is used s={q;, . . . , q,}.

Disturbances 1n the observed signal are reduced by apply-
ing an equalization function to each frame x, thereof, which
function 1s associated with an equalization filter or equalizer.

In the method of the present invention, as shown in FIG.
2, at each 1nstant t, as described in detail below, equalizers
are constituted 1n association with the paths present in the
Markov automaton at instant t. Thus, variation of a path or
alignment in the automaton depends not only on the
observed signal at a given instant, but also on the state of the
equalizer carried by the path, said equalizer being applied to
the observed frame at each instant.

The notation Fg () 1s used below to designate the
function associated with the equalizer carried by path s. It 1s
parameterized by a vector 0(s).

At a given 1nstant t, for a given path s, and knowing the
parameters of the HMM A, an estimate of the best parameter
vector, written 6,(s) of the equalization function is sought.
Knowing the model A and by applying the maximum
likelihood method, this vector 1s estimated by the parameter
vector having maximum utterance probability for the sound
frame sequence Fgy(X,0), - - - » Fory(X,), which is the input
sound frame sequence filtered by the equalizer carried by the
path s. The following notation 1s used:

ﬁr(8)=argmaXB[P(FB(S)(EID): RN FB(S)(EI)? S/}“)]

Determining 6 ,(s) is thus the same as maximizing:

P(FEI(S)(EID): =t FB(S)(EI)? s/ }“)

Given the above-recalled definition for the parameters of the
Markov model, the following 1s obtained:

t (1)
P(Fa)(x:0), - - - » Fa(Xe), s/A) = 11 aga_tyqe bad Fas(®)] =

=10
t
I aget1yqe - E
T=1 (270)P/% - [R g2
where:
E=exp [-72. (Fg, (Xt)_mq—c)T' th_l- (Foey (Xo)-m)]- |
I

iy 1s a predetermined initial 1nstant;

m_.and R__are respectively the vector representing the
mean and the covariance matrix assoclated with the
probability relationship of a vector x_being uttered in
state or transition q.;
()" designates the transposed matrix;
()" designates the inverse matrix;
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the notation q(tT-1)=q,_, 1s used for greater clarity;

1s the dimension of the observation space;

8(0-1).q0 TEPIESENLS the probability of occupying the
initial state q,,; and

where J(x.) 1s a Jacobian matrix, in which the element
located 1n the k-th line and the 1-th column, where k and
1 are mtegers, 1s the derivative of the k-th element of the
vector X _with respect to the 1-th element of the vector
Fo (X
Maximizing P(Fg (X,0), - - - » Foy(X,), s/A) amounts to
maximizing log P(Fg (X,0); - - - 5 Fg(xr)> S/M), glven that the
logarithm function 1s a strictly increasing function. The
following notation 1s used:

1
(2P’ - [IR el [

th=

From expression (1) obtained above:

¢
1Dg P(FE](S)(-EIU): = FE](S)('EI‘): Sl/}\‘) =-|:Er lﬂg(ﬂq(’t—l),qt* qf) -D
—+0

where:

[
D=1/2- X (Fo (x) - mg)T Rpr - (Fo (xo) = mgo) + 2.Inl/ (x|
T=lj

where In designates the natural logarithm.
Maximizing log P(Fg (X.0)s - - - 5 Fo(sy(xr)> /1) thus amounts
to minimizing the following expression:

[
172+ X (Fo,\(x0) — mg) Ry - (Fo (%) — mgo) + 2.Inl (x)].
T=I

™

Minimizing this expression amounts to differentiating rela-
five to 0 and finding the value of 0 for which the derivative
is zero. It 1s assumed that the function Fg () is differen-
tiable relative to O(s). Differentiating, together with the
condition that the derivative 1s zero, gives rise to the
following equation:

N A I
_ : : + =
T=lg "o =T d0 00
where:
()~" designates the inverse matrix; and
_9_
a0

designates partial differentiation relative to 0.
In equation (2), for particular types of the equalization
function Fg(.), the second term of the sum, i.c.

dln|lJ (x|
00 ’

disappears, as will be described later.

Equation (2) makes it possible to estimate the parameters
of the equalizer having the function Fg(.), and carried by
the path s. It can be seen that the only assumption made 1s
that the equalization function 1s differentiable. The resulting
equation thus makes it possible to determine the equalizer
completely, 1n particular regardless of the nature of the
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6

disturbances, and regardless of the nature of the observed
sequence X, . . . 5 X..

The equalization method of the present invention can be
implemented 1n two fundamental modes: 1t can be applied to
filtering; and 1t can be applied to robust recognition.

In the first implementation, 1.e. filtering, in order to
produce an equalized frame at a given instant, consideration
1s given only to the equalizer carried by the most probable
path.

Thus, to filter disturbances that affect the sound frame
X..., only the equalizer having the following function 1s
applied: Fst(s(t)), where:

0 (s) is the best parameter vector as defined above, i.e. the
best parameter vector for the equalizer having the
function F;t(s); and

s(t) is the path that is most probable in the Markov sense,
1.€.:

s(f=argmax [P(Fg@(xy); - - . » Fa@)(x),s/A)] (3

1.€. the path having the maximum transmission probability,
knowing ., for the filtered sound frame sequence Fz(s)(
X1) - - > Fe(s)(X)).

In the second implementation, 1.e. robust recognition,
after waiting for the end of the uttered words, the word to be
recognized 1s 1identified from the most probable path 1n the
HMM, knowing that the equalizers 1n the various paths are
in operation throughout sound decoding, 1.¢. while progress

1s taking place along the paths or alignments with new
observations arriving.

Thus, 1n robust recognition, to filter the disturbances
which affect the sound frame x,,, (a priori filtering) or the
sound frame x, (a posteriori filtering), the equalizer is
applied having the function Fgt(s)for each of the paths s of
the Markov automaton. A recognition decision 1s taken at the
final instant ‘I, of the observed sequence of successive mput
sound frames: the most probable path s(T,) at instant T, is
selected as being the path which satisfies:

s(Tp=argmax,[P(Fg)(xy) » - - - » Fa)(&rp), /M),

In theory, equation (3) requires the probability to be calcu-
lated at each instant t for all of the paths of a model starting
from the initial 1nstant. The corresponding implementation
becomes very expensive 1n complexity and thus in compu-
tation time 1if the equalization function 1s complex.

In practice, 1n order to avoid that snag, computation 1s
reduced by implementing an adaptive procedure, which
takes 1nto account only the 1 first points of the path s for
estimating the best parameter vector 0 (s) for the equalizer
carried by the path, 1 being an integer in the range 1 to t.

Thus, 1n the first implementation, the path selected as
being the most probable i1s the path which satisfies the
approximation:

g(t)=ﬂfgmﬂXS[P(F§1(5)(El) >or ot Fﬁf(sj(gr): S/}“)]

where 6 (s) is the best vector of equalizer parameters having
the function Fji(s)as estimated over the 1 first points of the
path s.

Analogously, 1n the second implementation, the path
selected as being the most probable 1s the path which
satisfies the approximation:

s(Tp=argmax [P(Fgi)(Xy) , - - - , Fa7s)(Xzy), 8/A)]

where 0. (s) is the best vector of equalizer parameters having
the function Fji(s)as estimated over the 1 first points of the
path s.
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It 1s clear that this organization does not modily the
functions for estimating the parameters of the equalizers
carried by the various paths. Nevertheless, 1t can have
an 1nifluence on the ordering of the paths as a function of
their probabilities. To reduce the effects of this approxima-
tion while conserving computation complexity that is
reasonable, 1t 1s possible to adjust probabilities over the m
most recent frames where m 1s a predetermined integer. It
can be shown that such adjustment does not increase com-
putation complexity.

For the same purpose of reducing the amount of
computation, another approximation 1s also made 1n prac-
tice. If, at each instant t, 1t were necessary to store the filters
for all of the possible paths 1n an N-state HMM, then there
would be N?/ filters. That is not possible in practice. It is
possible to retamn only the K best paths, where K 1s a
predetermined integer. In a particular embodiment relating,
to an ASR system that uses the Viterbi algorithm, at each
instant only the best path leading to a given state 1s retained;
consequently the number of filters 1s reduced to N, where N
1s the above-specified number of states.

Still for the purpose of reducing the amount of
computation, it 1s possible to quantify the parameter vectors
0(s). It is also possible to group the equalization functions
together into families associated with respective common
sound units, such as phonemes.

The disturbances encountered may be of convolutive
and/or of additive nature.

As an example of an additive disturbance, mention can be
made of engine noise or of horn noise, 1n addition to speech;
that can happen, for example, when a motorist 1s telephoning
from 1nside a vehicle, or when a pedestrian 1s telephoning
from a road traffic environment, or more generally from a
noisy environment.

There can also be disturbances that vary little over time.
In which case, forgetting factors can be included in the
estimate.

Disturbances may also consist in constant bias accompa-
nied by fluctuation around said bias.

Two particular types of equalization function imple-
mented by the method of the present invention are described
below. These two particular equalization functions are
applied respectively to two fundamental types of distur-
bance.

The first equalization function subtracts a bias from the
sound frames. This function assumes that a large convolu-
five effect due to the transmission channel, and to a speaker
ciiect, 1s present and 1s to be reduced.

The second equalization function i1s an affine function
which makes use of multiple linear regression. It 1s advan-
tageously applicable to a disturbance constituted by a large
amount of additive noise.

For the first equalization function, 1.e. when suppressing,
bias, it can be shown from the general equation (2) for
estimating equalizer parameters, that the equalizer has the
following function for each path:

F(X)=x-b
where 0=b, and b 1s given by:

B (4)

t t
bf=1 X @r—ﬂqr)f'f_?q%]'[ X R
T=lj

In that case, in equation (2), the second term of the sum
disappears.

Intermediate calculations (not shown herein) enable
above estimation equation (4) to be interpreted as follows.
The bias for a given path 1s the sum of the differences
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between the vectors of the corresponding means on the path,
which differences are weighted by the 1nverses of the
variances about the means (the greater the variance, the less
the weight of the difference in the sum), and with the sum
being weighted by the inverse of the sum of the inverses of
the variances along the path under consideration (the esti-
mated bias thus does 1indeed have the dimension of a sound
vector).

In the second equalization function, i.e. when using
multiple linear regression, 1t can be shown from the general
equation (2) for estimating the parameters of the equalizer,
that disturbances are filtered by multiple linear regression by
means of an equalizer having the following atfine function
for each path:

Fo(x)=A.x+b

where 0=(A,b) where A is a square matrix and b 1s a column
vector.

In a particular implementation, the matrix A 1s diagonal.

It can be shown that the regression 1s a ratio of the vectors
of the means and the vectors of the weighted sound frames
along the path under consideration.

There follows a description of various particular embodi-
ments of apparatus of the mvention.

The equalization apparatus implementing the above-
described method includes an equalization filtering module.
This module has an input receiving the speech signal
affected by disturbances, subjects the said signal to the set of
filter operations 1n accordance with the above method, and
delivers an output speech signal in which disturbances are
reduced.

T'he sound frames x,, ..., X,, . . . , Xz arc selected so as
to represent the most pertinent possible information con-
tained in the signal.

For an ASR application, cepstrum vectors constitute a
non-limiting example of suitable sound frames. Generally
only the first ten or so cepstrum coellicients are taken into
consideration. They model the impulse response of the vocal
tract in fairly satisfactory manner, and thus carry the infor-
mation which is pertinent for recognition. In addition, these
coellicients are 1nsensitive to the energy of the mput signal,
and that constitutes a quality criterion in ASR.

The cepstrum vectors can be computed from the speech
signal on time windows which overlap partially. The win-
dows may be of fixed time length, €.g. lying 1n the range 10
ms to 40 ms.

In an ASR application, FIG. 1 represents a particular
embodiment of a module 1 for cepstrum computation
included in the equalization filtering module.

At the input of the ASR system, a conventional type
digitizing module (not shown) transforms the analog speech
signal into a digital speech signal s(n). The signal s(n) is
applied to the 1mnput of the module 1.

At its input, the module 1 has a module 10 for computing
the spectrum energy of the speech signal. The module 10 has
a fast Fourier transform module 12 which outputs the
spectrum of the signal.

The output of the module 12 i1s connected to the mput of
a filter bank 14 which smooths the spectrum for spectrum
envelope estimation: the critical bands of the filter bank 14
are distributed on a non-linear scale, the Mel scale or the
Bark scale, thereby providing greater spectrum resolution
for low frequencies than for high frequencies, thus matching
more closely the human auditory system; 1t has been shown
that the auditory system analyzes low frequencies at higher
resolution than 1t analyzes high frequencies. Typically, the
filter bank 14 has twenty-four frequency bands.
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For each window of the signal, the output from the filter
bank 14 provides a vector constituted by the spectrum
energies 1n the twenty-four frequency bands, constituting a
smoothed spectrum S(f).

The output from the filter bank 14, which 1s also the
output from the module 10 for computing spectrum energy,
1s connected to the mput of a module 16 for calculating the
logarithm of the spectrum energy of the speech signal. The
output of the module 16 1s connected to the input of a
module 18 for performing an inverse Fast Fourier
Transform, in which the inverse Fourier transform 1s imple-
mented by means of an inverse cosine transformation. The
module 18 outputs the cepstrum C(n) of the speech signal
s(n), in the form of a set of cepstrum vectors known as Mel
frequency-based cepstral coefficients (MFCC).

The method and the apparatus of the present invention
have the advantage of being easily combined with any signal
preprocessing method or apparatus.

The results obtained by using the method and the appa-
ratus of the present imvention are very safisfactory. In
particular, 1n ASR, they cause the error rate to drop by as
much as 30% under certain conditions.

We claim:

1. A method of equalizing a speech signal constituted by
an observed sequence of successive input sound frames,
which speech signal 1s liable to be affected by disturbances,
said method comprising a preliminary step of modelizing the
speech signal by a hidden Markov model and, at each instant
t, the further steps of:

(a) forming a plurality of equalization filters associated
with paths 1n the Markov sense at instant t, on the basis
of a plurality of earlier sound frames and on the basis
of a plurality of parameters of the Markov model;

(b) applying at least a plurality of said equalization filters
to said frames to obtain, at instant t, a plurality of
filtered sound frames sequences and an utterance prob-
ability for each of the paths respectively associated
with the equalization filters applied;

(c) sclecting that one of said equalization filters which
corresponds to a most probable path, in the Markov
sense, which 1s that of said paths which has a highest
utterance probability of the sequence of sound frames
filtered by the corresponding applied equalization filter;
and

(d) selecting as an equalized frame the filtered frame
supplied by the selected equalization {ilter.
2. A method according to claim 1, wherein

cach sound frame 1s represented by a vector x/,,

a path having a length t in the Markov sense 1s a sequence
of t states or transitions s={q;, . . . , q,}, and

that of said equalization filters which 1s associated with
path s is defined by a function Fg(.), where 6(s) 1s a
vector consisting of parameters of the equalization filter
associated with path s,

wherein, during step (a), that of equalization filters which
is associated with path s is defined by a function Fg ()
whose parameters are estimated, for each path s, by

equation
é . . dF a(s)(x) Iln|J (x|
Fos)(x0) — - RL- + =0
ety ( a( )(J_C’E) eq) £ 20 0

where t_ 1s a predetermined 1nitial mstant,

where m_.is a vector representing a mean value and
R _.is a covariance matrix, both associated with a
probability law of utterance of a vector x_in state or
transition q.,
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where (\)* designates the transposed matrix,

where ()" designates the inverse matrix,
where

d

d0

designates the partial derivative with respect to 0,

and
where J(x.) 1s a Jacobian matrix, in which an element
located 1n a k-th line and a 1-th column, where k and
1 are mtegers, 1s the derivative of a k-th element of
the vector x, with respect to a 1-th element of Fg

X)-

3. A method according to claim 2, wherein the hidden
Markov model is ), comprising, during step (b), for filtering
disturbances that affect a sound frame x,_ ; (a priori filtering)
or a sound frame x, (a posteriori filtering), applying only that
of the filters whose equalization function is F5t(s(1)),

where 0 (s) is a best parameter vector of the equalization
filter whose function is Fgt (s), namely,

ﬁz(5)=afgmﬂXB[P(Fe(s)(im): O FEl(s)(E:):S/}“)]:

which 1s that parameter vector which has a maximum
utterance probability of the filtered sound frame

sequence Fo o (X0), - - - » Fory(X,) knowing A, and
where s(t) is a most probable path in the Markov sense,
namely
s(t)=argmax [P(Fg)(Xy), - - - » Fat) (x)s/M)],

which 1s that of said paths which has a maximum utter-
ance probability of the filtered sound frame sequence F
B(s)(x,), - - ., F5(s)(x,) knowing A.

4. Amethod according to claim 3, applied to robust speech
recognition, wherein the most probable path E(Tf) 1s selected
at a final mstant T, of the observed sequence of successive
mnput sound frames as being that of said paths which
satisfies,

s(Tp=argmax [P(Fg()(Xy), - - - , Fao&rp,s/M)].

5. A method according to claim 4, wherein the most
probable path 1s selected as being that of said paths which
satisiies the following approximation:

E(Tf)=argmaXS[P(Fg1(s)(§1): .. ., Fero(Xrp,s/A) |,

where 0(s) is a best parameter vector of the equalization
filter whose function is Fzi(s), estimated on the 1 first points
of path s.

6. A method according to claim 3, wherein the most
probable path 1s selected as being that of said paths which
satisfies the following approximation:

s(t)=argmax,[P(Fg1()(Xy), - - - » Far)(x,),8/A)],

where 6(s) is a best parameter vector of the equalization
filter whose function is Fzl (s), estimated on the 1 first points
of path s.
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7. A method according to claim 2, wherein for each path,
the equalization filter has the following function:
Fo(x)=x-b
where 0O=b, and b 1s given by

—1

4 [
br=1 X (u-mg)" Ry ] - [ R
T=l T=I

8. A method according to claim 2, wherein said distur-
bances are filtered using linear multiple regression, by
means of an equalization filter whose function 1s, for each
path, an affine function:

Fo(x)=A.x+b,
where 0=(A,b), where A is a square matrix and b is a column
veclor.

9. A method according to claim 8, wherein said matrix
A 1s diagonal.

10. A method according to claim 1, wherein said input
sound frames are cepstrum vectors which are computed
from the speech signal on time windows which overlap
partially.

11. A method according to claim 1, wherein said distur-
bances are of convolutive and/or of additive nature.

12. A method according to claim 1, wherein said distur-
bances vary little over time.

13. An apparatus for equalizing a speech signal consti-
tuted by an observed sequence of successive iput sound
frames, which speech signal 1s liable to be affected by
disturbances, comprising

means for modelizing the speech signal by a hidden
Markov model;

means for forming a plurality of equalization filters asso-
cilated with paths 1in the Markov sense at 1nstant t, on the
basis of a plurality of earlier sound frames and on the
basis of a plurality of parameters of the Markov model;
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means for applying at least a plurality of said equalization
filters to said frames to obtain, at instant t, a plurality of
filtered sound frame sequences and an utterance prob-
ability for each of the paths respectively associated
with the equalization filters applied;

means for selecting that one of said equalization filters
which corresponds to a most probable path, 1 the
Markov sense, which 1s the path having a highest
utterance probability of the sequence of sound frames
filtered by the corresponding applied equalization filter;
and

means for selecting as an equalized frame the filtered
frame supplied by the selected equalization filter,

said apparatus receiving at its input the speech signal
alfected by disturbances and delivering at 1ts output a
speech signal with reduced disturbances.

14. An apparatus according to claim 13, further compris-
Ing,

means for calculating a spectrum energy of the speech

signal 1n a plurality of frequency bands and for out-

putting a spectrum of said sound frames of said speech
signal;

means for calculating a logarithm of the spectrum energy
of said sound frames, which are connected to an output
of said means for calculating spectrum energy; and

means for performing an inverse cosine transformation,
which are connected to an output of said means for
calculating spectrum energy logarithm, for outputting a
cepstrum of said sound frames.
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